Moore and Sęk [J. Acoust. Soc. Am. 125, 3186-3193 (2009)] measured discrimination of a harmonic complex tone and a tone in which all harmonics were shifted upwards by the same amount in Hertz. Both tones were passed through a fixed bandpass filter and a background noise was used to mask combination tones. Performance was well above chance when the fundamental frequency was 800 Hz, and all audible components were above 8000 Hz. Moore and Sęk argued that this suggested the use of temporal fine structure information at high frequencies. However, the task may have been performed using excitation-pattern cues. To test this idea, performance on a similar task was measured as a function of level. The auditory filters broaden with increasing level, so performance based on excitation-pattern cues would be expected to worsen as level increases. The results did not show such an effect, suggesting that the task was not performed using excitation-pattern cues.
I. INTRODUCTION
Complex sounds are analyzed within the cochlea into a series of bandpass-filtered signals. Each such signal has a relatively slowly varying temporal envelope superimposed on a higher-frequency carrier (the temporal fine structure, TFS). Information about TFS is conveyed by the phase locking of nerve impulses in the auditory nerve, which weakens at high frequencies (Johnson, 1980; Palmer and Russell, 1986) . It is usually assumed that, in mammals, phase-locking information becomes unusable for frequencies above about 5000 Hz (Moore, 2003) . However, Moore and Sęk (2009b) presented evidence, based on the frequency discrimination of complex tones, suggesting that TFS information can be used by human listeners for frequencies up to at least 8000 Hz. This paper presents a test of an alternative explanation that the task of Moore and Sęk (2009b) was performed using excitation-pattern cues.
The task used by Moore and Sęk (2009b) was similar to that described by Hopkins and Moore (2007) and Moore and Sęk (2009a) . For convenience, the task is referred to as the temporal fine structure 1 (TFS1) test. Subjects were required to discriminate a harmonic complex tone (H), with a fundamental frequency F0, from a tone in which all harmonics were shifted upward by the same amount in Hertz, DF, resulting in an inharmonic tone (I). The H and I tones differed in their TFS but not in their envelope repetition rate. The phase of each component in each tone was randomly selected, so that the shape of the envelope varied randomly across tones. This was done to make it unlikely that the task could be performed using cues based on envelope shape or modulation depth. The tones were passed through a fixed bandpass filter so that only relatively high-rank components were present. It was assumed that these components were not resolved (Plomp, 1964; Plomp and Mimpen, 1968) . The use of a fixed bandpass filter was intended to minimize cues related to changes in the excitation patterns of the stimuli . A background noise was used to mask combination tones and to limit the audibility of components falling on the sloping edges of the bandpass filter. Moore and Sęk (2009b) found that most subjects could perform the task when F0 was 800 Hz and the bandpass filter was centered at 11 200 Hz, so that all audible components were above 8000 Hz. They argued that this indicated sensitivity to TFS. However, an alternative possibility is that the task was performed using excitation-pattern cues, despite the stimuli being passed through a fixed bandpass filter centered on high-rank components. Moore and Sęk calculated excitation patterns (Glasberg and Moore, 1990) for the H and I tones for the frequency shift, DF, corresponding to the mean experimentally measured threshold. The largest difference between the excitation patterns for two tones was 0.6 dB. To assess whether such a difference would have been detectable, Moore and Sęk (2009b) conducted a supplementary experiment. They measured the threshold for detecting a change in level of a single component in the harmonic stimulus; the component fell toward the lower edge of the passband of the bandpass filter (its frequency was 8800 Hz) and was therefore among the best resolved of the components. The mean change in level at threshold was 5.3 dB. The largest calculated change in excitation level resulting from this change in level was 3.8 dB. Because this change was much larger than the largest difference between the calculated excitation patterns of the H and I tones, Moore and Sęk concluded that the H and I tones were probably not discriminated on the basis of excitation-pattern cues.
There are two potential weaknesses in the argument of Moore and Sęk (2009b) . The first is that auditory filters at high frequencies may be sharper than assumed in the excitation-pattern model that they used (Glasberg and Moore, 1990) , especially at low sound levels (Shera et al., 2002; Oxenham and Shera, 2003; Oxenham and Simonson, 2006; Shera et al., 2010) . Moore and Sęk conducted all of their measurements at the relatively low sensation level (SL) of 20 dB. Sharper filters would lead to greater differences in excitation level between the H and I tones than calculated by Moore and Sęk. A second weakness is that Moore and Sęk only considered excitation-level differences over a small frequency range. The excitation patterns of the H and I tones actually differ slightly but systematically over a wide frequency range; the excitation pattern for each tone shows small regular ripples, and the positions of the ripples are displaced for the I tones relative to the H tones; this is discussed in more detail later on (see Fig. 2 ). Differences in spectral shape are discriminated better when they have a regular pattern and occur over a wide frequency range than when they occur over a limited spectral region (Green et al., 1987; Micheyl et al., 2010) . For example, Micheyl et al. (2010) showed that the changes in level at threshold were larger when the level of a single component in a complex sound was changed than when the stimuli had an "up-down-up-down" spectral pattern and subjects were required to discriminate a shift of the pattern along the frequency axis. They explained their results in terms of a model in which internal noise was assumed to be correlated in closely spaced frequency channels, but less correlated or uncorrelated in widely spaced channels.
In the present paper, we assessed the possibility that performance of the TFS1 task was based on excitation-pattern cues by measuring performance as a function of level. The auditory filters tend to broaden with increasing level, especially at high frequencies (Moore and Glasberg, 1987; Glasberg and Moore, 2000; Baker and Rosen, 2006; Oxenham and Simonson, 2006; Unoki et al., 2006) . If discrimination of the H and I tones is based on excitation-pattern cues, performance on the TFS1 test should worsen with increasing level. Previous work has shown that performance on the TFS1 test for a medium center frequency (2200 Hz) is unaffected by level, for sensation levels (SLs) from 20 to 50 dB, when the stimuli are presented in a background noise at a constant signal-to-noise ratio (Moore and Sęk, 2009a) . However, to our knowledge, there has been no previous study assessing the effect of level on performance of the TFS1 test at a high center frequency. Given the controversy about the interpretation of the results of the TFS1 test at high frequencies, it was important to determine whether or not performance on the test was affected by level at high frequencies.
II. METHOD

A. Stimuli
The task and stimuli were similar to those described by Hopkins and Moore (2007) , and Moore and Sęk (2009a,b) . Subjects had to discriminate an H, with an F0 of 800 Hz, from a tone in which all harmonics were shifted upward by the same amount in Hertz, DF, resulting in to an I. The phases of the components were selected randomly for every stimulus. All tones were passed through a fixed bandpass filter, designed using the FIR2 function in Matlab, with 512 taps at a 48-kHz sampling rate. The filter had a central flat region with a width of 4000 Hz and was centered at 8800 Hz. The frequency of the lowest component within the passband was 7200 Hz, corresponding to the ninth harmonic of 800 Hz. The skirts of the filter decreased in level at a rate of 30 dB/octave. The filter was centered at a slightly lower frequency than used by Moore and Sęk (2009b) , to make it easier for subjects to perform the task reliably (Hopkins and Moore, 2007; Moore et al., 2009 ); Moore and Sęk found that two out of nine subjects could not consistently perform the task with the higher center frequency used by them.
A background threshold-equalizing noise (TEN, Moore et al., 2000) was used to mask combination tones and to limit the audibility of components of the complex tones falling outside of the passband of the filter. The TEN level is specified as the level in a 1-ERB N wide band centred at 1 kHz, where ERB N is the equivalent rectangular bandwidth of the auditory filter as determined for young normally hearing listeners at moderate sound levels (Glasberg and Moore, 1990) . The level of the TEN was 15 dB below the overall level of the complex-tone signal. With this level, each component within the passband would have been about 10 dB above its masked threshold if it were presented alone. This means that combination tones with levels more than 10 dB below the level of the primary tones would have been masked, which should have been sufficient to make all combination tones inaudible (Zwicker, 1981; Oxenham et al., 2009) . The eighth harmonic would have been just above the masked threshold imposed by the TEN, while all lower harmonics would have been below that threshold. Details of the timing of the stimuli are given under "Procedure".
All stimuli were generated using a personal computer (PC) with a Sound Blaster Audigy 2 24-bit sound card, using a sampling rate of 48 kHz. Stimuli were presented using one earpiece of an Etymotic Research ER2 insert earphone, which is designed to produce a "flat" frequency response at the eardrum for frequencies up to about 14 000 Hz.
B. Procedure
Initially, absolute thresholds were measured for detecting a sinusoid with frequency corresponding to the lower cutoff frequency of the bandpass filter (7200 Hz) using an adaptive two-interval forced-choice task, exactly as described by Moore and Sęk (2009b) . The signal lasted 200 ms, including 12.5-ms raised-cosine rise-fall times, and the intervals were separated by 500 ms. The overall level of the complex tones used in the main experiment was set relative to the measured threshold. For convenience, the levels of the complex tones are referred to as SLs. The SLs used were 10, 20, 30, 40, and 50 dB. Higher levels were not used, because pilot experiments indicated that some subjects found the stimuli to be unpleasantly loud for levels above 50 dB SL.
In the main experiment, a two-interval two-alternative forced-choice method was used to measure the value of DF required for threshold. In one interval (selected randomly), there were four successive bursts of tone H, separated by 100 ms. In the other interval, tones H and I alternated, with the same 100-ms inter-burst interval, giving the pattern HIHI. The selection of random starting phases was chosen independently for every H and I tone. The task of the subject was to choose the interval in which the sound changed across the four tone bursts within an interval. Feedback as to the correct answer was given on the computer screen. The duration of each tone burst was 200 ms (including 12.5-ms raised-cosine rise/fall ramps) and the two intervals were separated by 300 ms. The TEN started 300 ms before the onset of the first tone burst in each trial, and ended 300 ms after the end of the last tone burst. The TEN was gated on and off with 12.5-ms raised-cosine rise/fall ramps. A two-down oneup procedure was used to track the 70.7% correct point on the psychometric function. The value of DF was initially set to 0.5F0, which gives the largest possible difference between the H and I tones. The value of DF was changed by a factor of 1.953 (1.25
3 ) until one turnpoint had occurred, by a factor of 1.5625 (1.25 2 ) until the second turnpoint had occurred, and by a factor of 1.25 thereafter. The threshold was estimated as the geometric mean of the values of DF at the last six turnpoints. If the adaptive procedure called for a value of DF greater than 0.5F0 after the switch to the smallest step size, the value of DF was fixed at 0.5F0 and 40 more trials were presented. Six runs were obtained for each condition.
C. Subjects
Ten subjects with normal hearing (audiometric thresholds better than 20 dB HL from 250 to 8000 Hz) completed testing. Their ages ranged from 25 to 62 years. Their absolute thresholds at the frequency of 7200 Hz ranged from 25 to 34 dB sound pressure level (SPL) (mean ¼ 30 dB SPL). Unfortunately, we did not check absolute thresholds at frequencies above 8000 Hz, so it cannot be guaranteed that absolute thresholds were normal over the whole frequency range covered by the stimuli. This point is discussed later. Two other subjects were initially recruited, but testing of these subjects was abandoned because they performed erratically and/or could not reliably complete the adaptive procedure. All subjects had previously taken part in psychoacoustic experiments. Each subject was given 2 h of practice for the specific task used here.
III. RESULTS
All 10 of the subjects who completed testing were able to perform the task reliably, in that the adaptive procedure was completed for all six runs. The value of DF at threshold was taken as the geometric mean across the six runs. Individual values of DF at threshold are plotted in Fig. 1 as a function of SL. The values of DF are plotted on a logarithmic scale, as the variability of the measurements was more uniform on a logarithmic than on a linear scale. Each symbol denotes results for one subject. The relative standard error (standard error, SE, divided by mean) of each threshold estimate (i.e., for a given subject and level) had an average value of about 0.1. Performance varied markedly across subjects, although all thresholds were well below the highest possible threshold of 400 Hz (corresponding to DF ¼ 0.5F0). There was no clear trend for the threshold to change with level for any subject.
A within-subjects analysis of variance was conducted on the logarithms of the threshold values. There was no significant effect of level: F(4, 36) ¼ 1.48, p ¼ 0.229. The geometric mean thresholds were 102, 89, 94, 99, and 97 Hz, for the SLs of 10, 20, 30, 40, and 50 dB, respectively. The results are similar to those obtained by Moore and Sęk (2009a) for an F0 of 200 Hz and a bandpass-filter center frequency of 2200 Hz, which also showed no significant effect of level.
The ANOVA also gave an estimate of the SE of the difference between pairs of means, which was 0.026 (when considering logarithms of the thresholds). Five levels were compared (giving 10 possible pairwise comparisons), so an appropriate significance level for assessing the difference between any specific pair of levels is 0.005. This would be achieved for a difference of 2.8 SE, which corresponds to 0.0728. Translating to units of DF, a change of 18% in the threshold would have been statistically significant. In other words, our experiment had sufficient power to detect a difference in threshold across any pair of levels of about 18%. The largest difference observed (a decrease between the levels of 10 and 20 dB SL) was about 13%.
There is evidence that the ability to process TFS at low and medium frequencies may decrease with increasing age (Pichora-Fuller and Schneider, 1992; Strouse et al., 1998) . To assess whether scores on the TFS1 task were related to age, the geometric mean value of DF across levels was calculated for each subject, and the correlation between age and the logarithm of the mean values was determined. The correlation was positive but small (r ¼ 0.14) and not statistically significant. 
IV. DISCUSSION
A potential weakness of our study was that we did not assess audiometric thresholds over the whole of the frequency range covered by the stimuli. If our subjects had hearing loss at very high frequencies (above 8000 Hz), this might have led to reduced changes in frequency selectivity with level (Stelmachowicz et al., 1987; Moore, 2007) . However, it seems likely that performance would have been largely based on information from the lower audible frequencies in the H and I stimuli, because those frequencies provided both the most effective excitation-pattern cues and the most effective TFS cues. The lowest (harmonic) component in the passband fell at 7200 Hz, and this was within the range of frequencies where all subjects had audiometric thresholds within the normal range. Also, while audiometric thresholds at frequencies above 8000 Hz can be abnormal when thresholds below 8000 Hz are within the normal range, this happens relatively rarely (Moore et al., 2008) . Thus, it seems very unlikely that the results were markedly affected by hearing loss for frequencies above 8000 Hz.
The results did not show the worsening of performance with increasing level that would be predicted if the TFS1 task was performed using excitation-pattern cues. However, it is necessary to consider whether the range of levels used was sufficient to reveal changes in performance. Bernstein and Oxenham (2006) measured fundamental frequency difference limens (F0DLs) for harmonic complex tones with F0s between 75 and 400 Hz. The tones were bandpass filtered between 1.5 and 3.5 kHz, and presented at an average SL of 12.5 dB/component in TEN with levels of 10, 40, and 65 dB SPL/ERB N , although the highest level was reduced by 3 dB for one of their four subjects because of loudness discomfort. The mean level of the individual components at the highest level used was about 75 dB SPL for three subjects and 72 dB SPL for the remaining subject. The F0DLs showed a transition from large values (poor performance) to smaller values (good performance) as the F0 was increased. The transition point was similar for the two lower levels used. For the highest level, the transition point was shifted to a higher F0 for the three subjects tested at 75 dB SPL, but did not show a clear shift for the subject tested at 72 dB SPL. The shift was argued to reflect a decrease in harmonic resolvability at the highest level. The average level per component at the highest SL used by us was 73 dB SPL, close to the highest levels used by Bernstein and Oxenham. Therefore, it seems likely that the highest level used by us would have been sufficient to reveal decreases in performance resulting from reduced harmonic resolvability. However, we cannot rule out the possibility that performance would have worsened abruptly if the level had been increased a little more.
We consider next the magnitude of the change in performance on our task with level that would be expected based on the use of excitation-pattern cues. The data of Oxenham and Simonson (2006) , which were obtained using a non-simultaneous masking notched-noise method (Moore and Glasberg, 1981) , suggest that the equivalent rectangular bandwidths (ERBs) of the auditory filters at high center frequencies (4000 and 6000 Hz) increase by 30-40% when the signal level is increased from 10 to 30 dB SL. Extrapolation of the trend shown in their data suggests that the ERBs would roughly double over the range of SLs used here (10-50 dB). The analysis presented by Unoki et al. (2006) , which was based on the simultaneous-masking notched-noise data of Baker et al. (1998) and Glasberg and Moore (2000) , suggests that the ERBs of the auditory filters at high frequencies increase by about 70% with a 40-dB increase in level.
Although the exact extent of the broadening of the auditory filters with increasing level remains somewhat uncertain, it seems very likely that the ERBs of the auditory filters would have increased by at least 70% over the range of levels used here. To assess the effect of level on the differences between the excitation patterns for the H and I tones, excitation patterns were calculated using a modification of the method described by Glasberg and Moore (1990) . In their method, the auditory filters are modeled as rounded-exponential functions (Patterson et al., 1982) , with parameters p l and p u determining the bandwidths and slopes of the lower and upper sides of the filters, respectively. Here, all p values were multiplied by a factor of two, making the filters twice as sharp (halving the ERBs), so that the ERB values were comparable with the estimates for low-level sounds obtained by Oxenham and co-workers using non-simultaneous masking (Shera et al., 2002; Oxenham and Shera, 2003; Oxenham and Simonson, 2006; Shera et al., 2010) . The factors by which p l and p u changed with level were assumed to be as specified by Glasberg and Moore (1990) ; these are broadly consistent with, but slightly less than, the changes described above. It was assumed that the headphones had a flat response at the eardrum, and the middle-ear transfer function described by Glasberg and Moore (2006) was used.
Excitation patterns were calculated from samples of the stimuli that were actually used, including the background TEN. A fast Fourier transform with 24 000 points was used to determine the spectrum of each sample. This was done separately for the H tone and the I tone. Excitation patterns were calculated for 100 samples of the H tone and 100 samples of the I tone, and the patterns for each were averaged across the 100 samples. The averaging had the effect of smoothing the large fluctuations in level and spectral shape that arose from the background TEN.
1 The average absolute threshold at 7200 Hz was taken as the average across subjects, which was 30 dB SPL. An example of the results is shown in the upper panel of Fig. 2 , for an SL of 30 dB. The value of DF was 102 Hz. The patterns are plotted only over the frequency range for which consistent differences were found between the patterns for the H and I tones. The patterns show ripples with a maximum peak-to-valley ratio between about 6 and 8 kHz. The lower panel shows the difference between the two excitation patterns in the upper panel. The difference shows ripples with maximum magnitude a little over 61 dB. Figure 3 shows differences in the average excitation patterns for the H and I tones, calculated in the same way as for Fig. 2 , for each SL used, for a fixed value of DF of 102 Hz. As expected, the excitation-pattern differences decrease with increasing SL, the maximal values being about 61.4 dB at 10 dB SL and 61.0 dB at 50 dB SL. To calculate the effect of these changes with level on predicted thresholds in the task, the measured value of DF at threshold (102 Hz) for the SL of 10 dB was chosen arbitrarily as a baseline. The mean absolute value of the excitation-pattern difference for this SL and value of DF, measured between 4 and 12 kHz, was determined; its value was 0.56 dB. Then, for each other SL, the shift DF between the H and I tones was varied using an iterative procedure to find the value leading to the same average absolute difference in excitation patterns. This gave a predicted threshold for each SL. Note that, for these predicted thresholds, the predicted patterns of the excitationpattern differences were very similar across SLs; both the average absolute values of the differences and the shapes of the differences were matched, as illustrated in Fig. 4 . Thus, the predictions would be essentially the same whether performance was based on the difference in EPs at the single point where the difference was biggest (Zwicker, 1970) or on a combination of information across different regions of the EP (Florentine and Buus, 1981; Moore and Sęk, 1994) . The predicted thresholds were 110, 120, 133 and 153 Hz for SLs of 20, 30, 40 and 50 dB SL, respectively. The threshold was predicted to increase by a factor of 1.5 as the SL was increased from 10 to 50 dB SL. This is much larger than observed. The predicted difference would have been easily measurable, given that a change of 18% would have been statistically significant, as noted above.
In the analysis given above, it was assumed that the auditory filters were twice as sharp as assumed by Glasberg and Moore (1990) , so that the ERB values were comparable with the estimates for low-level sounds obtained by Oxenham and co-workers using non-simultaneous masking (Shera et al., 2002; Oxenham and Shera, 2003; Oxenham and Simonson, 2006; Shera et al., 2010) . Similar analyses based on the filter sharpness values assumed by Glasberg and Moore (1990) showed that the EP differences between the H and I tones were much smaller, as expected, but the pattern of predictions, specifically the change in predicted threshold with level, was similar.
One limitation of this analysis is that it is based on the use of rounded-exponential filters whose tip bandwidths and slopes are closely coupled. It is possible that the tip bandwidths of the auditory filters change less with level than the slopes (Glasberg et al., 1999; Glasberg and Moore, 2000) . If this were so, the predicted changes with level would be Hz. The patterns were calculated as described by Glasberg and Moore (1990) , except that both the lower and upper sides of the filters were sharpened by a factor of two. The lower panel shows the difference between the excitation patterns for the H and I tones.
smaller, because the magnitude of the ripples in the EP depends mainly on the tip bandwidth. However, the ability to hear out partials in complex tones should also depend mainly on the tip bandwidths of the auditory filters, and this ability clearly worsens with increasing level over the range of levels used here (Bernstein and Oxenham, 2006; Moore et al., 2006) .
Another limitation of the analysis given above is that it ignores the effects of random fluctuations in excitation level produced by the background TEN. These were essentially removed by averaging across 100 samples of the excitation pattern of each stimulus. A human subject would have to discriminate differences on a stimulus-by-stimulus basis, and the random fluctuations produced by the TEN would make this more difficult. However, it still seems reasonable to assume that, if performance were based on excitation-pattern cues, threshold would correspond to a constant overall difference between the average excitation patterns for the H and I tones, which is what was assumed in generating the predictions described above. The fact that the predicted thresholds increased markedly with increasing SL, while the obtained thresholds did not, suggests that performance of the TFS1 task at the high center frequency used here was probably not based on excitation-pattern cues. Micheyl et al. (2010) have suggested that performance of the TFS1 task may be mediated by cues in the temporal envelopes at the outputs of the auditory filters. They pointed out that an auditory filter centered on the frequency of one of the components in the H signal would, on average, show a slightly different pattern and depth of envelope modulation for the H signal and for the I signal. Our use of random starting phases for every H and I tone was intended to reduce the usefulness of such a cue, because this made the depth and pattern of amplitude modulation differ markedly for every tone; for simulations of this see Moore and Sęk (2009b) . However, Micheyl et al. (2010) showed that an ideal observer making use of envelope cues at the output of a simulated auditory filter centered on the middle component of the H tone could predict the general trend in the data of Moore et al. (2009) , showing performance on the TFS1 task as a function of the harmonic number of the lowest component in the passband, N, and of the F0. While we cannot rule out the use of this cue, our subjects reported that they performed the task by listening for the interval in which the pitch of the tones was changing; none reported listening for differences that might be related to envelope cues, such as amount of roughness. Also, it is worth noting that the ideal observer of Micheyl et al. (2010) depends on the frequency selectivity of the auditory filters, and therefore performance of that observer would worsen with increasing level, contrary to the data reported here.
In summary, the failure to find a worsening of performance of the TFS1 task with increasing level suggests that the task was not performed using excitation-pattern cues. It also seems unlikely that temporal envelope cues were used, for the reasons discussed above. This makes it more plausible that TFS cues were used to perform the task, as proposed by Moore and Sęk (2009b) , despite the fact that the stimulus components all fell at frequencies where phase locking is believed to be weak.
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